This paper discusses new work concerned with developing structural sensors and associated signal processing techniques that provide time domain estimates of far-field pressure or structural wave-number information. The sensor arrangement consists of multiple accelerometers whose outputs are passed through an array of linear filters. The impulse response of each filter is constructed from the appropriate Green's function for the elemental source area associated with each sensor. The outputs of the filter array are then summed in order to predict far-field pressure or wave-number information somewhat analogous to the well-known boundary element technique. A major significance of the approach is that it provides time domain information and can thus be efficiently applied to active structural acoustic control approaches.
INTRODUCTION
Structure-borne sound is an important problem in many applications, and it is of prime interest to predict acoustic radiation from vibrating structures. Indeed, the radiation information is often used to develop appropriate control approaches. Acoustic holography • has been successfully applied to prediction of far-field radiation from real structures. For example, the technique may involve measurements of the acoustic pressure on a 2-D plane located in the near field using an array of microphones. The measured data are then transformed in the frequency and spatial domains to provide far-field information in a 3-D space. Structural acoustic systems have also been modeled using the boundary element method 2. In this approach, the structural response, known at discrete locations, is used to construct a solution of the Helmoltz integral by solving a linear system. Both of the above methods allow the study of the radiation behavior of complex structures. However, the use of both methods results in extensive computations (FFT, matrix inversions, etc.) on a large amount of data. Therefore, "real time" prediction cannot be readily achieved. Here, we define "real time" to be in the time domain. This paper, the first of two companion papers, presents a real time prediction technique using structural sensors. The analytical development will emphasize important aspects for application to the active structural acoustic control (ASAC) technique. TM In this approach, a feedforward adaptive controller minimizes one or several real time error signals representing acoustic radiation information. Traditionally, the error signals are the output of microphones located in the far field. However, the use of microphones is often impractical in real applications and research is now addressing the development of structural sensors to replace error microphones. In that respect, much attention has been focused on new sensing materials (PVDF films, optic fibers) originally used in active vibration control. 3 When applied to acoustic radiation, the sensor should provide information related to the far-field pressure such that only the structural response contributing to radiation is ob- In both of the above works, the sensor output provides global radiation information related to the total acoustic power radiated by the structure. The present work is concerned with estimating far-field pressure radiated in prescribed directions. The approach implements point structural sensors (i.e., accelerometers) in parallel with an array of digital filters to obtain an error signal directly related to the far-field pressure in a prescribed direction. Namely, the sensor output is shown to be proportional to a time-shifted version of the far-field radiated pressure. The present analysis is limited to estimation of radiation from planar surfaces of finite extent. The relation between structural response and far-field pressure becomes more complex in case of nonplanar geometries and will be investigated in future work.
In the first part, the theory underlying the technique is presented. Following the ideas developed in boundary element method, the Rayleigh's integral that gives the farfield pressure radiated from a planar source, is approximated by a finite summation of filtered acceleration signals measured at a number of points on the structure. Two related sensing approaches are analytically outlined. In the first configuration, the filter array is designed to model the domain error information yields the same control performances as the far-field pressure when used in a feedforward control approach. The second part of the paper discusses the practical implementation of the technique. Two design methods are proposed for constructing the digital filters. The first involves frequency domain design algorithms using the analytical transfer functions derived in the first part. The second approach implements time domain optimal filtering techniques that allow the filters to be designed from experimental data.
Results of computer simulations on the sensor design and its application to active control of radiation from a baffled planar radiator excited by broadband disturbances will be discussed in the companion paper in order to illustrate the use of the sensing procedure.
I. THEORY

A. Pressure sensing configuration
Based on Rayleigh's integral, an expression that depends solely on the structural acceleration measured at discrete points on the vibrating surface is derived for the far-field pressure radiated from planar sources.
Rayleigh's integral
The Helmoltz integral equation relates the pressure field complex amplitude P(r) at field point r in terms of the surface pressure P(r0) and its gradient defined over the radiating surface S(r0•S). Assuming a harmonic time dependence of the form e jøt, where ro is the angular frequency of the source, the Helmoltz integral can be written as 6 P(r) = P(r0) • (r--r0)
where ,/is the outward normal unit vector and g(r), the free-space Green's function defined in the free field as g(r) = ( 1/4rrl r I ) exp (jkol r I ); ko = co/c is the acoustic wave number, and c is the speed of sound. Applying the boundary condition prescribed over S,
where p is the fluid density, the pressure field is expressed in terms of the surface pressure and the fluid particle acceleration over the radiating surface, the latter being equal to the structural normal acceleration distribution I;•(r0) =--o2W(r0). In the above notation, I;•(r0) refers to the complex amplitude of the second time derivative of the normal displacement w(r0,t)= }V(r0)e jøt.
In the case of an infinite planar source, it can be shown that the surface pressure term vanishes when replacing the free-space Green's function g(r) by G(r)=2g ( IYv'(ri)Si located on a rigid baffle. Equation (6) is referred to as the monopole approximation. Both approximations are equivalent in the far field when the acoustic wavelength is much larger than the characteristic dimension a i of the elemental surfaces Si(koai,•l ), i.e., in the far field, the rigid piston can be replaced by a monopole source. As the radiation control will be applied in the low-frequency range, the monopole approximation is used here. 
Here, T denotes the transpose operator. Using the above representation, the sensor output e(n) at time tn is expressed as e(n) = • uirxi(r/), 
B. Wave-number component sensing configuration
The same approach is now applied to the evaluation of the structural wave-number component. This second sensing configuration is shown to be equivalent to the first method in terms of radiated energy and thus, can be used in a feedforward control approach. Moreover, using the analogy with the time domain discrete Fourier transform, the wave-number transform approach allows for an investigation of spatial sampling and resultant aliasing. It is next demonstrated that the above requirement that results in a time-shifted error information can be satisfied in feedforward control. In this case, the controller is defined so as to minimize the mean square value of the sensor output, i.e., J=E(e2(t)) (Ref. 9). After control (after convergence in the case of an adaptive structure), the error signal e(t) can be assumed to be stationary in a steady-state disturbance, i.e., E(e2(t))=E(e2(t--At)),
where At denotes a time delay. This important property implies that a time-shifted version of the actual error signal will result in the same control performances. Also, it is straightforward to show that the error signal e(t) is of arbitrary magnitude: since the optimal solution for the controller is found by setting the partial derivatives of J with respect to the compensator coefficients to zero, any constant multiplicative factor will cancel. Note that the above result does not apply to model reference control; ]ø in that case, the error signal is required to match a prescribed reference signal instead of being minimized. Moreover, when using several error signals, the proportionality constant should be the same for each sensor array. The above results can be verified by plotting the cost functions . Therefore aliasing occurs no matter how large K• is. However, it will be greatly reduced when the Nyquist wave number is above the main peak of all the modes present in the bandwidth of interest, i.e., K•/2 > p•/L•, or Nd > P, where p is the index of the highest mode found in the response. Also, the use of nonregular sampling is of interest. In this case, the aliasing effects can be reduced by designing some appropriate spectral window associated with a particular sampling scheme. Further investigation of spatial sampling and aliasing aspects will be the topic of a later paper.
J=E(e2(t)) and •=E(•2(t)) versus the weights of the compensator where E(t) =ae(t--
II. SENSOR DESIGN
The previous section discussed prediction of sound radiation using analytical expressions for the frequency response functions of the radiation filters. This part addresses the design of the digital filters used to model the frequency response functions in the sensing procedure. Since the earlier sections have shown the equivalence of a Rayleigh's integral and a wave-number-based approach, the following derivations will only consider sensors based on the wavenumber information. The transfer functions derived before are first modified in order to optimize the number and length of the FIR filters. Two filter design methods in the frequency and time domains, respectively, are then de-scribed. The first design method is model-based; it uses the analytical transfer functions in the frequency domain. The second design method allows the use of time-domain experimental data measured on the structural acoustic system.
A. Modified radiation transfer functions
The choice of the time delay Ar introduced in Sec. I B 2 is first discussed. The case of a 1-D structure (ky=0) is considered for simplicity. The structure is of finite width and its response is assumed to be constant in the y direction (see Fig. 2) .
The As opposed to the use of distributive sensors that filter the efficient radiating modes in the spatial domain using shaped PVDF films, the present method filters the structural information in the time domain using digital filters. Filters being easier to design and more selective than PVDF films, this real time structural acoustic sensor is believed to yield better control performances in a prescribed direction. In addition, unlike PVDF films that are shaped for a single modal response, the described sensor gives radiation information over a broadband frequency range.
The present approach is only valid for the case of planar radiators. In the case of more complex geometry, the Rayleigh's integral cannot be used and a formulation involving another type of Green's function needs to be derived or the structural diffraction terms accounted for.
Further investigation will extend the technique to those cases and experimentally demonstrate its use on real structures.
